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[57] ABSTRACT 

A digital audio broadcasting system includes an RF trans- 
mitter and a corresponding RF receiver. In the RF 
transmitter, a digitally compressed audio signal is encoded 
into a symbol stream that is first rotated using a frequency 
of 150,000 hertz (hz) before transmission to the RF receiver. 
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TRANSMISSION SYSTEM FOR DIGITAL 
AUDIO BROADCASTING THAT 
INCORPORATES A ROTATOR IN THE 
TRANSMITTER 

CROSS-REFERliNCE TO RE LAI 'ED 
APPLICATIONS 

Related subject matter is disclosed in five co-pending 
commonly assigned, U.S. patent applications of Wang and 
Langbcrg, entitled -A Transmission System for Digital 
Audio Broadcasting," Ser. Nos. 08/628,1.17, 08/628,220 
08/628,120, 08/628,119 and 08/628,118, respectively. ' 

BACKGROUND OF THE INVENTION 

The present invention relates to communications systems 
and, more particularly, to audio broadcasting. 

Significant advancements in source coding make it pos- 
sible to compress stereo sound by about a factor of ten 
without a noticeable loss in quality after decompression. 
One application that can benefit from this advancement is 
broadcasting. EM broadcasting provided a significant step in 
quality improvement over AM radio. In the past ten years 
many researchers have felt that another step could be taken 
to further improve the quality of sound transmission. Ihis 
has resulted in the effort now known as digital audio 
broadcasting (DAB) or digital audio radio (DAR). 

However, while it was a significant achievement for 
source coding researchers to be able to compress stereo 
sound from about 1.4 Mega -bits/second (Mb/s) to 160 
kilobits/second (kb/s), it is not a simple task for data 
communications researchers to design a reliable wireless 
digital data link in a highly mobile environment as 
presented, e.g., by a radio receiver in a moving car. This is 
because the delivery of a communications system like DAB 
is complicated by the fact that the communications channel 
is highly time-varying and severely distorted by the effects 
of mullipalb and Dopplcr shift. As such, the targeted error 
rale and (he rate of outage is much more rigid than a digital 
cellular telephone application. 
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FIG. 3 shows an illustrative signal point constellation for 
use in transmitter 100 of FIG. 1; 

FIG. 4 shows an illustrative frame format for use in 
transmitter 100 of FIG. 1; 

FIG. 5 shows an illustrative block diagram of a portion of 
receiver 300 of FIG. 1; F 

FIG. 6 shows an illustrative frequency spectrum for a low 
IF signal generated within receiver 300 of FIG. 1; 

FIG. 7 shows an illustrative block diagram of 'a phase- 
fades CIfCUIt reSp0nsivC to flal fades and frequency 

signa?526 Sh ° WS *" i,,USlralivc gra P h of collator output 

FIG. 9 illustrates peak, ignoring, and quiet zones in the 
correlator output signal of FIG. 8; 

FIG. 10 illustrates the concepts of a peak match pattern 
and a quiet match pattern; 

FIGS 11, 12, and 13 show an illustrative synchronization 
method for use in receiver 300; 

FIG. 14 shows an illustrative method for computing 
equalizer coefficients for use in receiver 300; 

FIG. 15 illustrates the "FIT thresholding" used to com- 
pute equalizer coefficients for use in receiver 300; 

FIG. 16 shows another illustrative method for compulinc 
equalizer coefficients for use in receiver 300; and 

FIG. 17 shows an illustrative block diagram of symbol 
recovery clement 705 for use in receiver 300 of FIG. 1. 

DETAILED DESCRIITION 

FIG. I shows a high-level block diagram of a DAB 
communications system 10 embodying the principles of the 

invention. DAB mmmnmV,iinn C ' in 1 



SUMMARY OF THE INVENTION 
In accordance with the principles of the invention, a radio 
frequency (RF) transmitter includes a rotator at a low 
intermediate frequency (IF) signal, which is subsequently 
modulated for transmission at an RF carrier frequency The 
use of a rotator simplifies receiver design by removing phase 
ambiguity m a received signal and further allows the use in 
the receiver of a low-order digital carrier phase recovery 
e.rant, which provides the ability to quickly acquire the 
received RF signal. This is especially important when the 
receiver is located in a moving car and subject to the 
alx>ve-mentioncd Dopplcr effects. 

In an cml*>dimeni of the invention, a DAB system 
includes an RF transmitter and a corresponding RF receiver 
In the RF transmitter, a digitally compressed audio signal is 
encoded into a symbol stream that is then rotated usirm a 
frequency of 150.000 hertz (hz) before transmission to the 
Kr receiver. 

I1RIEI-' DESCRIPTION OF IHii DRAWING 
HO. 1 shows an illustrative high-level block diagram of 

a digital audio hroadca.sling communicalions syslem 

embodying (he principles of (he invention; 

HO. 2 shows a more detailed block diagram of a portion 

of transmitter lOOof FIC. I; 



40 



45 



invention. DAB communications system' 10 comprises 
transmitter 100, communications channel 200, and receiver 
JOO. Ilerore describing the details of the inventive concept 
a general overview of the operation of DAB communica- 
lions system 10 will be given. Also, perceptual audio coding 
is well-known and will not be described in detail For 
example, sec U.S. Pat. No. 5,285.498, entitled "Method and 
Apparatus for Coding Audio Signals Based on Perceptual 
Model, issued Feb. 8. 1994 to Johnston. Other such coding 
cchniqucs arc described, e.g., in J. P. Princcn and A. 0 
Bradley, "Analysis/Synthesis Filter Bank Design Based on 
iTL » "I? AhaS ' D8 CancclIal '°n." IEI£E Trans. ASSP, 
5 ' 0ct0bcr • l986; E - F Schrodcr a " d J- J- Halle 
,^,: f ?! e ?'" i0 «xKng CD-Quality and 256 
rv « m lra " S ' °" Co,lsl »»«r Electronics, Vol. 

CL-M No. 4 November 1987; Johnston, "Transform Cod- 
ing of Audio Signals Using Noise Criteria," IliFF J S C A 
Vol. 6 No. 2, February 1988; and U.S. Pal. No. 5,341 «7 

T,aa* n P u' 31 CM " & of Aut,, '° Si & m ^" *»«« Aug' 
23, 1994 to Hall et al. b 

In HO |, an analog audio signal 101 is fed into prepro- 
cessor 105 where it is sampled (typically al 48 Khz) and 
convened into a digital pulse code modulation (PCM) signal 
06 (typically 16 bits) in standard fashion. The PCM signal 
106 is red into a perceptual audio coder (PAC) 110 which 
M compresses the PCM signal and outputs compressed PAC 
T, ,, V. l3 " Cr re P fcscnls a >70 kb/s bit stream of 
l7rl?, ^ , rcprcscn,s a co""- 01 «l»nncl for ancillary data 
and 160 kb/s represents the compressed audio signal. Com- 
pressed PAC signal 111 is applied to error protection coder 
115. which applies a Kecd-Soluinon code to provide 100% 
redundancy to compressed PAC signal 111. It j s assumed 
inai error protection aider 115 also includes a hullcr and 
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inlcrleaver (not shown) to further combat the effects of lation of FIG. 3 are used. The data symbol mapping is 
communications channel 200. The result is encoded signal performed according to the following rules, where each 

116, which represents a 340 kb/s interleaved data stream and bracket contains two paired elements, the incoming bits and 

where each jntcrlcavcr block contains 320 ms of data (1088 lD cir associated symbol specified by the relative in-phasc 

kbits). Tlic encoded signal 116 is applied to modulator 150, 5 and quad raturc signal strengths in the illustrative constclla- 

which as described further below, develops a signal m tion of F , G 3. i (00) / , {(Q n , { ... < ({ m 

accordance with the principles or the invention for trans- (1 Z /n tWl lU 

mission over communications channel 200. From commu- ' /'* u ' ^ ' " 

nicalions channel 200, demodulator 350, of receiver 300, Wlth rcs P ccl 10 lhc headcr portion of each frame, the LOO 

recovers an encoded signal 351 in accordance with the complex symbols represent a synchronization signal. These 

principles of the invention (described below). Encoded 10 100 com P lcx symbols arc purposely designed to be one- 

signal 351 is fed into error protection decoder 315, which dimensional and only have values in the in-phase component 

operates in a complementary fashion to error protection as shown in thc P°im constellation of FIG. 3. Among 

coder 115 to provide compressed PAC signal 316 to per- ,hc 100 synchronization symbols of header 206 are 86 

ccplual audio decoder 310. The latter decompresses the onc-dimcnsional symbols used to assist frame synchroniza- 

comprcssed PAC signal and outputs a PCM signal 311. This 15 ,ion al rcccivcr 30 °. 86 onc-dimcnsional symbols are 

signal is fed into a post-processor 305, which creates an selected from thc "channel sync and sounding symbols" of 

analog representation that is, ideally, identical to analog lhc si & nal P° inl constellation of FIG. 3 and comprise two 

audio signal 101. " 31 svmbo1 pseudo-random number" (31PN) sequences 

Turning now to l'IG. 2, a block diagram of modulator 150 M followcd x bv a 24PN sequence (a segment of a 31PN 

is shown. Encoded signal 116 is applied to multiplexer «q««K*) : O™ generation of a pseudo-random number 

(MUX) 155, which mulliplexes encoded signal 116 with sc< l" encc ,s know " 10 lhc art )- These 86 symbols are also 

synchronization (sync) data 196 to develop aggregated data uscd al rccc,vcr 300 for channcI sounding and equalization 

signal 156. Sync data 196 is a 20 kb/s (10 k symbols/sec) P ur P oscs - including multi-path correction, timing phase 

data stream that represents synchronization, and cqualiza- , s rccovcrv . and carrier phase recovery (described below), 

tion information (described further below) generated by " The remaining 14 one-dimensional symbols of header 206 

processor 195. Thc latter is representative of a digital signal arc usct | *° r either inlcrleaver synchronization or symbol 

processor. (It should be noted that although thc invention is cIf)ck alignment in receiver 300, These 14 one-dimensional 

illustrated herein as being implemented with discrete func- symbols arc selected from the 14 inlcrleaver (symbol clock) 

tional building blocks, e.g., 4-PSK mapper 160, etc., thc i[} svnc symbols" of thc signal point coastcllation of FIG. 3. In 

functions of any one or more of those building blocks can be particular, thc 14 symbols are used by receiver 300 to 

carried out using one or more appropriate programmed indicate thc beginning of each 320 ms inlcrleaver block, 

processors, as represented by processor 195.) Aggregated ,llis inlcrleaver synchronization is repeated every 32 frames 

data signal 156 represents a 360 kb/s data stream that is and comprises two consecutive 7PN sequences as shown in 

formatted into a sequence of frames, where each frame is 10 35 

milli-scconds(ms) in width and is divided into two portions; In any event, thc 14 symbols arc always uscd for dala 

a headcr portion and an encoded dala portion. In every 10 ms symbol synchronization in thc associated frame. When used 

period, thc header portion rcprcscnls 200 bits (100 symbols) for also providing intcrlcavcr synchronization, the 14 sym- 

of synchronization data, while the encoded data portion bols comprise two positive 7PNs. Otherwise, thc 14 symbols 

represents 3400 bits of encoded signal 116. 40 comprise one positive 7PN followed by a negative 7PN as 

lhc aggregated dala signal 156 is applied to 4-phase-shifl shown in FIG. 4. This is needed to align lhc encoded dala 

keying (PSK) mapper 160, which maps two bits at-a-limc poriion of each frame whenever there is a significant sample 

into a two-dimensional complex symbol having in-phasc time phase change or thc relative si rengih of differenl signal 

and quadraturc components, 161 and 162, respectively; patiis changes and causes a change in lhc delay seen by 

while 4-PSK is used here for illustrative purposes, thc 45 receiver 300. (It should be noted that in this context, a 

invention is not limited to such two-dimensional signaling negative PN sequence is simply the opposite of a positive 

and is applicable to N-dimensional signaling. Each symbol l>N sequence. For example, if a 2PN was represented by thc 

can be equivalenlly represented by {a(n)+jb(n)}. An illus- symbols (1.414,0; -1.414,0) shown in FIG. 3, the corrc- 

traiivc signal point constellation is shown in FIG. 3. As can sponding negative 2PN is the symbol sequence (-1.414,0; 

be observed from FIG. 3, the signal point constellation 50 I - 414 » ( ')- 

comprises four "data symbols," two "channel sync and Returning to FIG. 2, in-phasc and quadrature components 

sounding symbols," and two "inlcrleaver (symbol clock) 161 and 162 arc applied lo rotator 165, which rotates the 

sync symbols." It can be observed from the signal conslel- phase of each symbol. In particular, each rolaled symbol is 

la ( ion of FIG. 3 thai thc "channel sync and sounding expressed as follows: 
symbols " and the "inlcrleaver (symbol clock) sync symbols" 55 

are one-dimensional symbols having only in-phasc values. /V(/o-ff'(«W>'("M("K '**"'.( a («)•//>(" &■ (I) 

Hie resulting output signal from 4-PSK mapper 160 is a , /icnnnnx • 

sequence of frames, each frame comprising 1800 complex Whcrc w ^ 2j h ' 50,000) is thc rotation frequency, and n 

symbols for every frame. denotes the time index of symbol instances spaced by T. 

An illustrative frame 205 is shown in FIG. 4. As described 60 "T- ° U,pU ' Symh " l l °f m,a,wr 1 65 * SamplwI ^ 

above, frame 205 is 10 milli-scconds (ms) in width and is ^P^B-w^ l7 « al three limes the symbol rate of 

divided into two portions: a header portion 206 comprising ?' K ^ sam P lin 8 ra ' c 0 rotat * d s V mhoIs » expanded by 

100 complex symbols that are restricted to being one- "T^ '7 f 0 '^ bc,wccn aI1 

dimensional, and an encoded dala portion 207 comprising 3 ^"^P cx rolalcd svniM * expanded by 

1 700 complex symbols. , < 3 faCl0f ° f L a " d sam P Im 6- ratc expander 170 provides an 

• • * 1 111. r 1 . . expanded complex symbol stream defined as A "(mV 

lor lhc encoded dala portion of the aggregated dala 11. ^ V"'/- 

stream, the four dala symbols from the signal poini conslel- {*:/.) for Jt-o.ty.,,:^ v., , nn d 0 oihcfwi AC , <:> 
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lSr/rT indeX , ° f S r ampleS Spa<Xd by T ' and Sh ° WQ) foIlowed ^ a low -P ass ana »og filter (no! shown) 

1i™L,H ° Ve T PUng ^ i ™ e rcsu,tiD fi anal <* from the sampIc-anS-hoId ct 

The expanded complex samples are then spectrally cuits is denoted as: 

shaped by digital baseband filter 175, which comprises 

identical in-phasc baseband filter 175-1 and quadrature 5 sJl s m ? « m . ntt r , , 61 

baseband filter 175-2. (Although, in theory, rotated in-phasc MO - J^-O-Wr-mi ), (6) 

and quadrature symbols can be converted to analog signals w u Prt > ^ ic a , , , L . . 

and respectively filtered by analog filters it is much more * * V? 1 *^ 1 " P uI ^ that is introduced by the 

difficult to control the specification of analog SsThan tt*" " ° f ° /A fiIlC ' 185 and » dcfincd - 

their digital counterparts.) Digital baseband filter 175 has a to 

transfer function defined as h^m), which only has real / , \ 

values. For illustration purposes, digital baseband filter 175 n (l r )" 1 'M < T • and 0 othcrw ^- ^ 

has a 10% excessive bandwidth utilizing a 66-lap (22- r 

symbol span) finite impulse response (FIR) filter. It should ™"ncr transform is a sine function expressed as: 

be noted that a hardware implcmcntaiion of digital baseband is 

filter 175 can take advantage of the fact that in the expanded f \ ii ( ) ] - r-^W- <8) 

samples there are two zero-valued samples in each symbol V ' J *** 

interval. As a result, this filtering operation can be viewed as Now » il can be observed that the use of a higher ovcrsam- 

having three sub-filters (not shown), h 6 (3r), h fr (3r-l), h fc (3r- P Iin 8 ratc W reduces the spectral shaping effect due to the 

2), with the same set of symbols, A'(r), at their input, where 20 f™ 1 ? 10 and hold circuits. It also increases the separation 

r is a time index at the symbol interval and r-k/L. These between aliases. The D/A converter output signal, with alias 

three sub-filters, each individually producing a sample in a ^P^ng in every is then filtered by the analog 

cyclical fashion, yield three output samples in every symbol ' 0W ;P as s fi^r (not shown) of D/A filter 185, Usually, in 

interval indexed by r. Although not necessary to the inven- ° cs, fi n ! n S an analog filter, a significant envelope delay 

live concept, the use of this sub-filter structure reduces the 25 f lstort . lon °°: UK r m lnc naf ro w pass band to stop-band 

computation complexity by a factor L compared to a brute lransm ° n rc fi Ion - However, here the aliasing is separated by 

force implementation of digital baseband filter 175 i g ° Irc ^" cnc y s P an » s <> l "at the analog tiller stop-band can 

Hie complex output of digital baseband filler 175 iv Jii^L T . thc r cntIC ^ Signai s P cctrum aDtJ therefore 

b Wlil 001 cause significant distortion in the signal. 

» "The signal s c (t) is then up-converted to an IF sienal. c a 

**> - ^ v* - or <*> 30 1 0.7 MHz, followed by further conversion lo an RF signal 

by RI- transmitter 190 as known in the art. (In the context of 

- ? Mm - i.ryiXr). W lh * 'n v «nlion, it is assumed that the RI* signal is within one 

f - co 01 prcdesignaled frequency channels associated with FM 

. Tb.be o„.p utsamp les y(m) .of digital baseband filter 175 3 , ^SlIX^ 

b added a pilot signal, which is digitally generated by ' this point can be expressed lransmiUcd S1 * nal at 

processor 195. The pilot signal is a complex signal 

expressed as e /u V" r , which is also at three limes the symbol [/ \ , 

rate by adding a sampled version of a 100 Khz cosine <(')-*<■ ( ♦ Kc / V Jew I, {9) 

waveform to the filtered in-pha.se samples and that of a 40 . ' J 

sine-waveform to the filtered quadrature samples. The addi- ( ^2n( 1 00,000), and (ii rf -2n( 1 50,000), and is the 

lional power that the pilot tone adds to the signal provided Kl ' ca /™ r frequency. 

by digital baseband filter 175 is about 0.3 dH. ,ic ' ()rc ,urmn B u » l ^e receiver seclion, the reason behind 

The complex-valued signal provided by adders 177 and lhc m,allon symbols in (he transmitter will be explained. 
182 is: As shown in (9), the symbol A„ is rotated by c'^ r in (he 

4 5 transmitter. Assuming thai the channel and modulation arc 

<*H<"0«^ „ ldCa ';- lhl /m IT IF S ^" aI bC CX P rcwcd " sin 8 »hc above 

X ' * ° ' ^ c T* Uon < 9 > bv As described further below 

where k determines the pilot power. Alternatively, the circuitry in receiver 300 then yields a low IF signal centered 

in-phasc component and the quadrature component, the' real , n a ! 150 Kh/ * w " inslcad of yielding a more typical baseband 

and the imaginary part of the above equation, can be SIgnaI ' Ilm ' cxcIud 'ig »he pilol, yields: 
expressed as 

s,(m) 



K*COS((i» (( fH/'), 



(lOhj 



'v^O - J ^ |A(r|o«((.vr7) - fffrJsinfcyONm - ri.) J + ^ } r ^ " He [ ' "0 j . 

ttin(«v»n. 00 ^!!f rC M l) is 3 P aJiS - ,,a,1 J channel and h / X0-h,,(t)c' u, <'. If a 
...i ^ v • Hubert filter pair is used within receiver 300 it vidrU a ,» 

where equation (5a) is representative of signal 178 and analytical signal: ' V ' * ™ 

equation (5b) is representative of signal 183. 

/JI\%?" Bnal * S(!n), iS ll,C " api>I,cd 10 di R» la l-t«-analog - Za^ - „n. , m 

(U/A) filter 185, comprising in-phasc D/A filter 185-1 and <,s " 

^^r^Lf^^^ b Assu Ti n e n lalh(1 )saU S n T .,e Nyilll , I c r , 1 c fi on,, I )c an 
i i anannm circuil (nol | 1C sampled al symliol intervals lo recover baseband symbols 
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A„. This can be understood from the basic sampling theory 
which teaches that the received spectrum after sampling is 
repeated at every 1/T. Therefore, the sampling process 
reconstructs the original A„. This is shown in the following 
equations. 

*(0 - - K + - n 7)(cosa>j(/ -«/)+/ situu^t - nT)) (12) 

n 

Wc use the inphasc component as an example. 

M*(0] - £ ajikil - nT)cona^i -nT)- bj^t - n7>ino>^ - «7) (13a) 



8 



10 



at t-kT 



(13b) 
(14a) 

bji b {{k - n)T)sinu)JSk - n)T) 



ihcrcforc Re[z(kr))-a k 



since 



/'*((* - n)7ycoua/{k - n)T) 



1, for 
O.for 



(14b) 



(15a) 



''(,((* " "J7>ioio ri ((* - n)T) - 0 for all * - 



4(1 



05b) 

However, if s(t) were not rotated by c"' 0 * 1 " 7 * at the 
transmitter, the result in (14b) and its associated quadrature 
component would be rotated by c"^" 7 " and therefore, a 
rotator would be needed at the receiver to compensate for 
this rotation. In addition to this, this receiver rotator would 
need to compensate for any phase shifts due to Doppler 
effects, etc. While simple in concept, this leads to a complex 
implementation of the receiver rotator since it must track 
both changes in phase at mJTji 11/ and Ihc above-mentioned 
phase shifts. l ; or example, a larger step si/.e may be needed 
in the concomiiant conlrol loop to (rack these phase changes. 
As a result, acquisition lime and resulting noise components 
increase. Therefore, and in accordance with the invention, 
the rotator is placed in the transmitter as shown in FIG, 2 to 
simply the receiver implementation. In particular, the use of 
rotator 165 removes phase ambiguity and simplifies tracking 4S 
in receiver 300 of the received RF signal. Tracking is 
simplified since a low-order, e.g., first-order, digital carrier 
phase recovery circuil can now be used in the receiver to 
quickly track any residual frequency/phase changes in the 
received signal after the RF section. This ability to quickly 
acquire the received RF signal is especially important when 
Ihc receiver is located in a moving car and subject to the 
above-mentioned Doppler elf eels. 

More importantly, by using rotation in the transmitter, a 
simplified coherent carrier frequency (or phase) compensa- 
tion is made possible without further system design con- 
straints such as the choice of the data block size. As a result 
of transmitter rotation, the modulation provided by modu- 
lator 150 is referred to herein as a carrierless QPSK 
modulation, as opposed to the nominal QI\SK modulation. 

It should Ik noted that one problem with the baseband 
approach described above is that the radio up-con version 
requires cosine and sine modulators. It is not trivial to 
maintain the two analog radio modulators exactly separated 
by *K) degrees. If the two modulators are not precisely 
aligned in phase, the two signals do not form a perfect 
llilbert pair (as known in the art) or analytic complex 
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function. There are other approaches such as a digital 
pass-band implementation to avoid this problem. In the 
pass-band approach, baseband digital filters arc replaced by 
inphase and quadrature pass-band fillers, which form a 
Hilbcrt pair. The inphasc pass-band filter output is subtracted 
from the quadrature filler output. The resulting signal is then 
modulated to an intermediate frequency where a selective 
analog bandpass filter is used to reject the associated image. 
The bandpass filtered signal is then .converted to the radio 
frequency for broadcasting to the air. This scheme simplifies 
the need of using two well balanced (90 degrees apart) 
mixers at the expense of a more selective image reject 
bandpass filler (Deviation of phase difference of the two 
mixers from 90 degrees results in performance degradation.) 
To relax the selectivity requirement of this image rejection 
15 bandpass filter, the center frequency of the inphasc/ 
quadrature digital pass-band filters can be set at a higher 
frequency which implies the use of a higher over-sampling 
rate, L. Finally, the rotating frequency of the phase rotator 
before the digital fillers should be properly chosen such that 
20 the baseband and pass-band implementations are equivalent. 
If the center frequency of the band-pass filters is set at 
150+180N+X kHz, the rotation frequency should be set at 
-X kHz (where N is an integer ^0 and 1 80 kHz is the symbol 
rate). Overall, the above -described baseband approach may 
25 result in a small performance penalty given the implemen- 
tation of receiver 300, which will now be described. Also, 
note the pilot in the pass-band case should be offset from the 
pass-band center frequency. 

In receiver 300, a received RF signal is applied to 
30 demodulator 350, which is shown in block diagram form in 
FIG. 5. Demodulator 350 comprises RF-down-convcrtcr 
505 which is an "IF filter" that down converts the received 
RF signal to an IF frequency, e.g., 10.7 MHz, as is known 
in the art. The resulting IF output signal is then applied to 
35 IF-down-convcrtcr 510, which provides a pass-band low IF 
signal 511 centered at 150 Khz that includes the above- 
described pilot signal at 250 Khz, which is used in receiver 
300 as a reference for carrier recovery and as a source for 
generating other clock signals for the receiver (described 
below). An illustrative spectrum of the magnitude of the 
pass-band low IF signal 511 is shown in FIG. 6. 

Before proceeding with a discussion of the remainder of 
demodulator 350, it should be noted that to compensate for 
any carrier frequency difference between the transmitted RF 
signal and the received RF signal, an analog carrier phase- 
lock-loop (PLL) is usually included within RF down con- 
verter 505. (Although the analog carrier PLL could be 
implemented in other parts of demodulator 350, it is best to 
implement this function in the RF section.) However, in this 
type of mobile environment, the received RF signal may be 
subject both to frequency -selective fades and amplitude 
fades (herein referred to as "flat fades"). Therefore, the PLL 
circuitry of RF down converter 505 is modified as illustrated 
in FIG. 7 to be responsive to both a fiat fade or a frequency - 
selective fade. 

In particular, a received RF signal is applied to mixer 605, 
which also receives a local oscillator signal (I.O signal) 631. 
It is assumed for simplicity that mixer 605 includes all 
required circuitry to provide a recovered IF signal 606 
illustratively at 10.7 MHz as is known in the art. This 
recovered IF signal is applied to automatic gain conlrol 610, 
which is used to adjust the amplitude of the recovered IF 
signal to provide the above-mentioned IF output signal 506. 
Analog PI. I. 630 is a phase lock loop and is assumed to 
include a crystal to generate the required IX) signal 631 . As 
known in the art, analog PLL 630 adjusts Ihc phase of the 1 .0 
signal in response to an IF signal, here represented by IF 
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ouipul signal 506. However, analog PLL 630 is operated in final IF frequency conversion. However, to reduce this 

either a tracking mode or a lock mode depending on the stale aliasing, a pass-band low IF signal is generated such that the 

of the "Hold/Go" signal 636. If the latter is representative of low IF signal 511 sits between 50 and 250 Khz with a "free" 

a logical "ONE," analog PLL 630 stops tracking and locks region from 0 to 50 Hz. This free region guarantees that the 

the phase of LO signal 631. On the other hand, if "Hold/Go" 5 first 50 Khz of the remaining lower adjacent RF channel 

signal 636 is representative of a logical "ZERO," then interference will not alias into the main signal. In other 

analog PLL 630 continues to adjust the phase of LO signal words, if the low IF signal 511 had been set at 100 Khz and 

631. In other words, the feedback loop of analog PLL 630 allowed no free region, the 10.7 MHz IF signal would have 

is held open to avoid misadjustmcnt when there is a severe 10 ^ designed such that the slop-band attenuation at 10.6 

flat fade or a frequency-selective fade at the pilot frequency. 10 M,,z * as much 35 lnal of ,hc former case at 10.55 MHz. 

In particular, a flat fade of the received RF signal is However, the choice of the low IF signal 511 centered at 150 

detected by flat fade detector 615 which compares an ouipul Khz relaxes the 10.7 MHz IF filter stop-band attenuation 

signal from AGO 610 that is representative <>r the amplitude r fS UI . rcmenl - ■»•;« ,hal while traditional RF design 

<.frea>veredlFsignal606.Whcnlheamplilude«rrect»ve re d !, IS lm P° rtam ,hal Rl" -down-converter 505 docs not intro- 

IF signal 606 is lower than a predetermined value such as 1S £ ""ft" 'cLlT^r^ 'H b , and ° f 

-UOdBm. flat fade detector 615 applies a logical "ONE" to " ne t 72 * u '"P 1 ™™- 

f^L V' «n ,? ,n , h ' b " S ' r r aCk,n8 - Sira,larly ' Pil0t can ■* compensated for by the receiver's equalizer a " 

fade detector 620 js used lo detect a frequency-selective fade minimal cos. of noise enhancement if there is any. Howe ver 

around 250 Khz. Hie above-ment.oned low-level IF signal 20 it is important lhat the signal power be adjusted before the 

511 is applied lo narrowband filter 625. which is centered at IF filler and thus any internal system noise after is nceli- 

Ihc pilot signal frequency e.g.. 250 Khz. Narrowband filter giblc. In fact, the IF filter response can be biased toward the 

" , pr ? V,dcs rccovercd P'l°< s'final 626 to pilot fade detector lower frequency to obtain more slop-band attenuation to the 

620. Hie latter compares recovered pilot signal 626 against lower adjacent channel interference 
a reference threshold. As long as pilot fade detector 620 2S Low IF signal 511 is applied lo filter 590 which is 

detects a recovered pilot signal 626, it is assumed that there designed to include both a baseband analog low-pass filler 

S^T™n-? dC n D nd 1 il0 « fad ? dcleclor " W providcs a and a hl '8h P«* "Her in series. The low pass filter (no. 

logical ZfcRO lo OR gate 635. However, whenever pilot shown) is designed will, a significant stop-band attenuation 

racle detector 620 does not detect recovered pilot signal 626, between 250 and 270 Khz to further reject the upper adjacent 
pilot fade detector 620 applies a logical "ONE" to OR gate 30 channel interference. This baseband analog low-pass filter 

635, which .then mhibiis analog PLL 630 from adjusting the avoids aliasing in the sampling process caused by possible 

phase of 1.0 s.gnal 631. It should be noted that the recovered insufficient 10.7 MHz IF filter rejection, lhe high-pass filter 

pilot signal could be generated by other methods, e.g., by (not shown) is designed to further reduce the lower adjacent 

using the equalizer or channel characterization arrangement channel interference lhat can adversely affect the synchro- 
described below. However. ,f other approaches are taken, js niza.ion detection. (Note that it docs not eliminate the lower 

those in the art should be cognizant of any significant adjacent channel interference that has already been aliased 

processing (time) delays in generating the recovered pilot into lhe main signal, due to the insufficient rejection in RF 

signal. It is also possible lo have the flat fade deteclor and frequency conversions ) 

pilot fade detector generate their outputs according to lhe The low IF output signal from filter 590 is sampled by 
quality or the pilot rather than a logical "one" or "zero" For 40 analog-lo-digilal (A/I)) converter 515 at three limes the 

example, the Hal fade detector can produce an output that is symbol rate, here illustratively 540 Khz (the Nyciuis fre- 

proporl.onal to the difference between the received signal quency is at 270 Khz). The stream of digital samples M6 

and a predetermined value such as -1 10 dllm, for adjusting from A/1) converter 515 is applied to digital gain control 

he 'hn.H~ P 1 , a "h h ,hc , CX, , rcmc u casc " li " l>1L * in (DGC) 520. which develops a stream of received digi.a 
the hold state by reducing the loop bandwidth to zero 45 samples 521. The latter is applied tocorrclator 525 anddclay 

(open the loop). Ycl another alternative could be lo use line (or buffer) 530 

different weighting coefficients as a function of the input Delay line 530 is designed to take into account the 

signal level instead of jus. a binary one and zero. A decision processing delay to process the channel impul.se, the cqual- 

wnuhc 10 hold or go ,s based on comparing the izer coefficient calculation and the delay that is needed to 
threshold value lo a value calculated instantaneously, or so implement the mid amble equalization (all of which is 

cumulatively over a predefined time interval, using the described below) 

weighting coefficient ,„ a convenor, rcceiver dcsi , mbcn fi|(cr . . 

Returning to llfi 5, as descnlrcd above, IF down con- used to generate in-pha.se andquadralurcsignal compc nenls 

vertcr 510 y, elds a ow II- signal 511 centered a. 150 Khz. and a complex (cro.,s-u,uplcd) equalize is used Recover 

instead of y^ ss lhc lransmi „ C( | baseham , s , , fc ( 

,™ m foTw . ' .•„ Tku an , r ,ra,,vc rr 7 lc r ncy spcc " co,,plcd) cq,,alizcr C0,,, ' ,rists fo " r fi " c " a ™« cd <" a < 

r "ow l^'gnal 511. which occupies the frequency the in-pha.se and quadrature output signals are each Rcner- 

3 ST ' 'V 8 n Cra " 0n ° f ' 0W "•' " Cd " y IW ° ' il,Crs ,; ° r -ample'lhe in-phasc ompu. s gn 1 

?^ U r" t >^ ,n *™K*yP™H™tori*iVri- » result of a firs, filter processing the in-pha.se input 

TT U faC ' 4 7 UplKf ,djiCenl 60 s, 'e nal and a MOOnd r ' ,te ' P f0 ^'"8 <hc quadrature inl 

bv a r„S,'. n , TTi 7*"°° •?? bC fU . r ', hCr CnhanCCd Si8naL l1lC quadra,urc ""'P"' s '8 nal * ™^ ^.rucfed 

Si, " M h K . , & f ° W '" aSS r, "u' Wh, ' U a " y ,OWCr wi,h a <li,rcrcnl fi,,tr P air - '><*Pii« (his obvious suggestion 

Inn, UI II Channcl '» mus. be reduced solely by .he above-men.ioned gencra.ion of a pass-band Mow IF 

< »ies 1^ r^r 3 g h, y filler » mocc diOicull signal-as opposed ,o a more eonvcn.ional baseband 

■ <lcMgn a. the II- frequences. Indeed, lower adjacenl RF „* signal-allows the use of non«ross-coupled equalizer 570 

R 1 """'T^v ar ' tr 'T" 8 "' rOUgh 4 ,ypital li|Uali/Xr 570 is tu, " po! * d of lwo -ntV in-pha.se 

Rl-down-convener, aliases into the main s.gnal through the (MiO 570-1) and lhe other for quadraiure (Q-I Q 570-2) 
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Both of these fillers have a common input signal at a 3/T 
rate, referred to herein as fractionally-spaced samples. Each 
filter produces recovered in -phase and quadrature output 
signals at a i/T rate from samplers 575-1 and 575-2, 
respectively. Although not described herein, it can be math- 
ematically shown that non-crossed-coupled equalizer 570 
not only recovers a two-dimensional signal but also forms a 
Hilbcrt-pair. This result is important in order to design both 
in-phase and quadrature equalizer coefficients from the 



12 



in-phase-o nly channel sounding signal (described ^ It to ^^^Z ££££ 2?SE2 
should be noted that equalizer hardware cnmnl^irv k m ..„.- r c..^ . L „ . . 85 3 conIldcnce 



tcrmincd signal pattern (also referred to as the training 
signal) at the receiver to the incoming signal. If there is a 
match, synchronization is declared. The devices used to 
produce the information in determining whether or not there 
is a match is called a correlator. A counter at the output of 
the correlator is increased or decreased according to whether 
or not a particular symbol in the synchronization signal is 
matched. The outcome of the counter indicates the similarity 
between the incoming signal and the stored signal pattern at 



should be noted that equalizer hardware complexity is 
reduced by using a 3/T non^cross-coupled equalizer com- 
pared to that of the above-mentioned 2/T cross-coupled 
equalizer. For example, although equalizer 570 operates al a 
3/T sampling rale, only two filters arc needed. This is a 
savings of 25% in equalizer hardware compared to the 2/T 
cross-coupled four filter equalizer, in addition to the savings 
in a Hilbcrt filter pair needed in front of the cross-coupled 
equalizer. 



counter. Such a simple synchronization mechanism only 
uses very limited information available from a correlator. 
The regular data signal, unless constrained, may have a 
pattern similar to the synchronization signal and can cause 
a false detection. 

However, I have realized that a synchronization detection 
device can be improved if the synchronization signal is 
designed in such a way that the correlator, when matching to 
the synchronization signal, yields distinctive signal charac- 



tu« ;„ «u j j . ^"""unizauon signal, yields distinctive s cnal charac- 
TTic in-phase and quadrature output signals (which are 20 (eristics that can be used to differentiate the swtoSiS. 
cams ofdicital samples at the svmbolraic im^,^ r a... . ^ """-"-"V 816 ine synchronization 
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streams of digital samples at the symbol rate I/T) are applied 
to carrier recovery loop 580, which compensates for any 
phase offset, ^ in the received signal. As described above, 
since a rotator is present in transmitter 100 to compensate for 
the pass-band generation of low IF signal 511, a low-order 
phase lock loop can be used in receiver 300 (as described 
earlier) to quickly track any frequency/phase changes in the 
received RF signal. ITiis ability to quickly acquire the 
received RF signal is especially important when the receiver 
is located in a moving car and subject to the above- 
mentioned Dopplcr effects. 

However, in this illustrative embodiment, the carrier 
recovery loop is represented by digital carrier recovery loop 
580, which comprises phase rotation estimator 580-2 and 



signal from the data signal in a noisy environment. In this 
case, a particular training signal with a certain property is 
needed. It is also desirable that the information obtained in 
the synchronization process from this particular training 
25 signal be used to determine channel characteristics (channel 
sounding). 

Therefore, a synchronization pattern with distinctive 
properties in its autocorrelation function is used to improve 
the synchronization reliability. Illustratively, this is a reason 
30 for the use of a binary pseudo-random sequence in header 
206. When such a sequence is repeated at the transmitter and 
correlated at the receiver with a copy of the non-repeated 
pattern, the correlator produces a high value (peak) when 



tTJ^j^^}s.r^ ™* -i (., Lbs,i IUI cs £f!*£ZX£stii 



and using the resulting calculation for the following 300 
symbols. As a result, only six estimates arc performed over 
an entire frame, or data block (as illustrated by frame 205 of 
i ; IO. 4). This is a block-based feed-forward correction 
procedure instead of a typical phase-lock loop feedback 
implementation where the error is taken from the difference 
between the rotator output and the sliced position is filtered 
and used to drive a phase-lock circuit to give the estimate. 



45 



output yields a high peak of amplitude (N+l)/2 when the 
sequence is matched and a low value otherwise. It is also 
possible to use sequences of 1 and -1 values at the trans- 
mitter and correlate with a stored copy of a sequence of 1 
and 0 values. The received signal can be hard-sliced to a 1 
or a 0 for simple processing. However, this method, alone, 
is not robust in the case of a severe channel distortion, such 
as in a mobile environment. Therefore, as described below. 



in every 300 symbols can be significant ennugh to cause Tumiim hade m l-ir < .1. . r , . • . 

dcgrada.inn. I, should be no.cd «», ,hc implemLuion „f . 55 J ,1 t „ rr c LTo"' si/'T" L^' 

emitted "Sign.. C MK uX^r ^'Z^' 
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correlator 525, pattern matcher 540, decision device 565, 
and channel response element 535. These elements provide' 
the functions of frame synchronization and channel charac- 
terization. 

With respect to frame syuchroiii/alion, a synchronization 
detection algorithm is generally designed to match a prcde- 



65 



1995 to Wang. It should be noted that if the synchronization 
symbols are no longer constrained to be one-dimensional, 
additional sets of correlators are required. 

Hie synchronization process is designed to detect the 
beginning of each 1U ms data block coni|x>scd of two 
consecutive 3 1 FN sequences followed by a partial 24FN 
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segment (the above-mentioned 86 symbols of header 206) 
Using a copy of the 31PN sequence as its coefficients and 
receiving an input signal with full precision, correlator 525 
produces a correlator output signal 526. One example of 
correlator output signal 526 is shown in FIG. 8, which 
illustrates correlator output signal 526 while receiving 
header 206 of a frame. For example, region 11 corresponds 
to the tail-end of the data portion of the previous frame, 
region 12 generally corresponds to header 206 of the current 
frame, and region 13 corresponds to the beginning of the 
data portion of the current frame. (The two 7PN synchro- 
nization symbols remaining in header 206 are equalized and 
used to synchronize the de-inlerleaver and to adjust the 
symbol location in each received data block, described 
below). 

Correlator output signal 526 is applied to confidence 
counter 540, which comprises the following circuitry: slice 
high 545, slice low 555, high pattern match 550, and low 
pattern match 560. Slice high circuitry 545 slices the corr- 
elator output signal 526 to provide a I or 0 depending on 
whether or not its absolute value exceeds a predetermined 
high threshold. Similarly, slice low circuitry 55 slices the 
correlator output signal 526 to provide a 1 or 0 depending on 
whether or not its absolute value is lower than a predeter- 
mined low threshold. It is also possible to represent the just 
mentioned one or zero with real num!>crs lo reflect the 
quality of the signal when compared (o high or low thresh- 
old. These two sliced outputs arc then applied to high pattern 
malch circuitry 550 and low pattern match circuitry 560 
respectively. High pattern match circuitry 550 and low 
pattern match circuitry 560 arc also referred to herein as the 
secondary correlators. The latter produce information to 
indicate how similar is the input signal autocorrelation 
compared to that of the prc-stored signal. The information 
Irom high and low secondary correlators is then weighted 
and summed for synchronization decision making by deci- 
sion device 565, which provides a synchronization signal 
(sync). b 

It should be noted that a correlator having a hard-sliced 
input has well defined peaks and quiet /.ones at the output— 
if the sliced input is correct. As noted above, it is assumed 
that in the presence of channel impairments, a correlator 
accepting a full precision is used. The output of a full- 
precision correlator is the convolution of that response of a 
hard-sliccd correlator and the channel impulse response 
Since the received signal is bandlimited and distorted by 
muliipath, quiet zones would not exist if the channel span is 
longer than the length of the transmitted PN sequence 
Incrcfore, to avoid (he quiet zone being completely 
corrupted, a 31-synibol PN sequence is used because the 
3IPN sequence is much longer than the worst case channel 
span. Uns ensures that there will be areas in the correlator 
output thai are quiet and can be used for reliable synchro- 
nization detection. A high (peak) threshold pattern is'used to 
deteel periodic peaks separated by 31 symbols. The width of 
each peak detection zone in the high threshold pattern is I 
samples, where typically L-3, or one symbol. A low thresh- 
old pattern is used to detect periodic quiet zones. Hie width 
of each quiet /one detection is N samples, typically 18 or six 
symbols. The region where there may be a response caused 
by multipalh is defined as the "ignoring zone." Us contri- 
buhon is set to zero by setting the associated coefficients in 
the secondary correlators to zero values. 

(Il should be noted that in region 12 of FIG. 8 the first 
expected |>cak from the first 31PN sequence is, lo an extent 
correlated with data from the end of the previous frame' 
However, the second received 3IPN sequence absent 
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corruption, has clear peak and quiet zones, since the second 
31PN sequence is correlated with, theoretically, the first 
31PN sequence. The final PN sequence may have less of a 
peak since it is only a 24PN sequence). 
5 This is illustrated in FIG. 9, which is identical to FIG 8 
except for the illustrative labeling of a "peak detection zone- 
IP), "ignoring detection zone" (I), and "quiet detection 
zone" (Q). During the peak detection zone, a peak match 
pattern is sought. After the peak detection zone, the corr- 
io elator output is ignored for a period of time as represented 
by the ignoring detection zone (also shown as n ). After the 
latter, a quiet match pattern is sought during the quiet 
detection zone. Illustrative peak malch and quiet match 
patterns are shown in FIG. 10. 
15 Essentially, this synchronization process looks at the 
highs and lows and the periodicity, of the framing signal 
Notwithstanding a high match during the peak detection 
zone a low match during the quiet detection zone is used to 
verify the beginning of a frame. The ignoring zone com- 
pensates for reflections, delays, etc., to the received signal 
This general method for use in decision device 565 is shown 
in FIGS. 11, L2, and 13. 

Initially, when receiver 300 is first tuned in lo a respective 
frequency, decision device 565 begins in an "acquisition 
mode" as shown in FIG. 11, in which no synchronization is 
declared. A match counter, which illustratively can be a 
variable or a register, is initially set to zero in step 60. In step 
61, the synchronization process attempts to detect a header 
Once a header is delected, the match counter is incremented 
in step 62, a plurality of symbols, n 3 , is skipped in step 63 
and an attempt lo detect a header is again performed in step 
64. Fhc plurality of symbols, n 3 , is related to the frame 
length (described below). If no header is detected, decision 
dcv lC e 565 returns to step 61. However, if a header is 
detected, the match counter is incremented in step 65. If the 
match counter is equal lo a predefined number, M. then 
decision device 565 switches to "steady state mode" in step 
67 and operates in accordance with FIG. 13 (described 
below). For example, if M, is equal lo three, then once three 
consecutive headers are detected the transition lo steady 
state mode occurs and a synchronization (sync) signal can be 
asserted. 11ns requirement of sequentially matching a plu- 
rality of headers establishes a level of confidence before 
declaring synchronization and switching to a "steady stale 
mode." However, if the match counter is not co.ua! to M the 
decision device 565 goes to step 63 and skips n 3 symbols. It 
should be noted lhat the value of the predefined number M 
can be static or variable. For example, when the receiver is 
initially turned on (or when a station is first tuned in) the 
value of M, can be higher than a value for M, when the 
return to acquisition iikhIc was a result of a loss of synchro- 
nization, llus would enforce a higher confidence level when 
first acquiring Ihe signal. However, a lower confidence level 
can be tolerated in handling re-synchronization. 

ITie difference between the steps 61 and 64 is one of 
presumption about (he position within each received frame 
when attempting to delect a header. In the context of step 6 1 
detection of the header is started at any point within the' 
received signal. Hial is, (he received signal is "searched" for 
a peak zone in step 61 of FIG. 1 1. Once a header is initially 
detected, if it was a true header, a similar detection should 
occur at the slart of the next frame, which is a fixed lime 
interval later, as represented by the skipping of n 3 symbols 
hi tins context, the header detection of step 63 "looks" for 
the header at the appropriate lime inlerval later (since Ihe 
periodicity of ihe signal is known a priori, Ihe data signal 
poriion of a frame is easily skipped). 
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As a result, although shown separately, steps 61 and 64 sion device 565.) If the value of the miss counter is erea.er 

SS2 tV G n Sarae „ faSh T ' S ' han 3 P-"""^ "-bcr Mll Then 

. us ra ed in FIG. 12. which shows a flow chart of an changes back to acquisition mode, i.e synchronisation is 

illustrative header dcicct.on method. In step 50. the syn- lost and decision device 565 operates in accoXcTwith 

chromzauon process searches for a peak zone. i.e.. decision 5 FIG. 11. described above. Othc^d^kto^device 5« 

dev.ee 565 waits for the detection o any indication of a peak goes to step 71 and continues the proceT tn this examnfe 

zone f om confidence counter 540. Upon detection ofa peak the miss counter is allowed to incrcmcnTumil Tachrng the' 

zone, the synchronization process slaps n, symbol intervals above-mentioned threshold. However varia io4 c « be 

in sup 51. to compensate for any signal reflections, etc. (this used to reset the miss counter. Spl S counter 

ts an .gnormg zone). In the next step. 52. the synchronization )0 can be periodically reset if no miss is detect™ wTn , 

process looks for a quic. zone. If no quiet zone is detected predetermined time period. 

w,.h,n a predefined time .nterval. the synchronization pro- every time a synchronization s£aT* pTvtodT Se 

cess re ums to step 50 to search for a peak zone. However. Also, it should be noted that a mKs'n delSn or^lack 

upon detecuonof a quie. *,ne, then decision device 565 of synchronization, can be advantage, usl ^ "o indi'at 

EtJ' .7 T , 4 W " h ', n 3 P rede,crmincd lim <= " «"c channel signal -.o-noise condition. Fo/examI in « e 

mlcrval. If no peak zone .s detected, the synchronization of a miss in deletion, or a lack of synchromS a signal 

7 S,CP ? l ° SC8n f0 ^ PCak H0WCVCr ' ' hC S * nC *»0 - »l .o Seed So to deX 

upon detection of a peak zone ,n step 54, the synchronization The latter then ignores the current received frame foT the 

foTr i ,P 1 "Y 5 ? °' ' n,C 7i. S ' CP 5S ' '° C ° mpCr,Sa,c P Uf P osc of «'™' in 6 errors. "Z TZTc cZcm \h* n 

for any ,g„a. reflections .etc this ts another ignoring zone) 20 accumulating error information on a received sfgnalover 

where n^n,. llie values or n, and n, arc determined period of lime as is typical in prior art systems referred m 

experimentally based on the knowledge of the worst case as an erasure in a Reed 'soIoZ H ^SSlJteii s 

channel span. In the next step, 56, the synchronization known to develop error statistics Ta^d unon sHc t an 

° f M ' K - '[ ^ qUiC ' Z0,,C * dc ' CC,Cd 0U, P U1 ° f *» W^en " erroTaccStes 

in step 58. If no peak zone is delected, the synchronization As described above, the soundina sienal is transmiiK-H 

t£ • h J t ' u hC s u ynChron,Za,,on P roccas has " has been determined that this limits the upper vehicle' 

detected a header. Notice that the sum of the time intervals speed to between 1 IS and ,nni m T V P f , 
elapsed in skipping ignoring zones and searching for peaks 

STai^^i"? 3 ^ ,ha ' P ° ri0d - r'' h VChiC ' C «""» » ^ anlnc^ 
r{ _ ^ taken advantage of. 3S the repetition rate of the soundine sicnal Forcxamnlc ,fih P 

Once in a steady-state mode, the abovc-describ*. method sounding signal is transmitted ewry ms ih uZ vchic c 

ot HO. 12 can also be used for every frame. Alternatively, speed should lie in the range of 270 to 400 km/hour 

o. her niet hods can be used, one of which is illustrated in |, s , IO uld Ik noted tha, other „,el^Zld a£ be used 

K.. 13. In he latter, a m.ss counter, whtch illustratively can to determine synchronization usinu tte dreuiui of Ht" S 

mcnted. 1 lie value of the miss counter is checked in <tm 70 r -i., , . . . . 

Mi k ■ 1 1. r • .1 . tuu,Htr LS <-»^CKca in step 7V. Channel characterization can he described as follows At 
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miller frequency response, H^f) as the channel frequency 
response, H tt (f) as the tuner frequency response, B(f) as the 
channel characterized frequency response at the receiver, 
and T(0 a s the total frequency response. (For now, we 
assume that the system is noiseless.) 
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If A(f) 13(f) equals a constant k over the transmission band, 
hereafter referred to as the "processing gain," then 
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where H(f) is the overall transfer function and the channel 
information Ls obtained. Using this information, equalizer 
tap coefficients can be obtained for correcting channel 
distortion. The following described techniques precisely 
characterize a multi-path channel and provide various kinds 
of information for synchronization, and carrier phase offset 
estimation, as described above. 

If the channel is corrupted by noise, then 
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where N(f) is the channel noise power spectrum and k is the 
processing gain as described above. Ilic ratio k|l I(f)| 2 /N(f), 
integrated over the transmission band, defines the channel 
estimate signal-to-noise ratio. The larger the processing 
gain, the better protection to the estimated channel charac- 
teristics from noise. In general, the longer the training signal 
lasts, the belter the characterization of the respective com- 
munications channel. In this design, the training signal 
corresponds to the above-mentioned header. Consequently, 
there is a compromise between the transmission overhead 
and the amount of time dedicated to characterizing the 
communicaiions channel. 'ITiis tradeoff is represented herein 
by the selection of 86 symbols in header 206 as the length 
of the training signal for synchronization and channel sound- 
ing purposes. 

As noted earlier, equalizer 570 forms a Hilbert pair, so 
coefficients for the inphasc and quadrature equalizers of 
equalizer 570 can be obtained from the in-phasc channel 
response only. As such, allocate channel response clement 
535 first finds the inphasc channel impulse response embed- 
ded in correlator output signal 526. Hie quadrature equalizer 
coefficients are then obtained through a llilbcrt transform. 

An illustrative process for obtaining linear equalizer coef- 
ficients is shown in FKJ. 14. (It is possible to use variations 
of a decision feedback equalizer; refer to U.S. patent appli- 
cation by Gadot ct al., Scr. No. 08/322,877, filed on Ocl 13 
1994 and allowed on Nov. 15, 1995.). In step 30, allocate' 
channel response clement 535 receives the sync signal from 
detection device 565 signaling that correlator output signal 
526 us representative of the channel impulse response. In 
step 31, allocate channel response clement 535 transforms 
correlator output signal 526 from the time-domain into a 
frequency domain representation in accordance with a "fast 
l'ouner transform" (FIT) or discrete Fourier transform 
(01* V) technique (FIT and I) FT processing is known in the 
art). Normally, the equalizer coefficients can be simply 
determined by then taking Ihe reciprocal of the FIT outpu't 
(lor Irequcncy domain equalization) and ihe inverse FIT os 
(IMT) lo go back lo the time domain (for time domain 
equalization). 



However, excessive equalizer noise enhancement may be 
due to the presence of multi-path reflections. This Ls par- 
ticularly true for large reflections, e.g., identical strength 
reflections. As such, the equalizer coefficients generated 
from the FFT response alone may not provide for conver- 
gence and, instead, make inter-symbol interference (ISI) 
recovery difficult. 

Therefore, I have realized that by introducing a little 
distortion into the channel impulse response, multiple reflec- 
tions can be handled with only a slight degradation in overall 
performance. In particular, the channel impulse response is 
clipped in the frequency domain if the received signal Ls too 
high or too low, hereafter referred to as "FFT thresholding n 
In other words, a simple threshold is applied to the magni- 
tude of the FIT of correlator output signal 526 as illustrated 
in FIG. 15. If the FFT of correlator output signal 526 exceeds 
these predetermined thresholds, T A and T„ the signal is 
simply clipped. l<or example, if the magnitude is greater than 
I/,, the magnitude is set equal to \\. Similarly, if the 
magnitude is less than T„ the magnitude Ls set equal to T 
The determination of the thresholds is a compromise 
between the magnitude of the reflections expected and the 
degree of ISI that is acceptable and must be determined 
empirically. 

This FIT thresholding approach avoids excessive equal- 
izer noise enhancement in equalization due to the multi-path 
environment. Analogously, it can be viewed as equalization 
using some type of minirnum-mcan-squarcd criterion as 
opposed to zero-forcing equalization. It Ls also important 
that to avoid the circular convolution effect in the digital 
) frequency and lime traasformations, the length of the FFT 
and the IFFT should exceed the sum of the worst case 
channel and equalizer spans to avoid cyclical alias in per- 
forming FFT and IFF operations. Finally, the out-of-band 
response is set to zero in the frequency domain lo design the 
equalizer with a 180 Khz bandpass characteristic between 60 
lo 240 Khz. 

Returning to FIG. 14, allocate channel response clement 
535 appltcs FIT thresholding in step 32. 'l>ie reciprocal of 
the FIT threshold is taken in step 33. The resulting fre- 
quency domain response is then processed using an inverse 
FFT (IFFT) as known in ihe art to obtain the in-phasc 
equalizer coefficients in step 34. Finally, allocate channel 
rcspon.se element 535 processes the in-phasc equalizer coef- 
ficients via a Hilbert transform in time domain lo obtain the 
quadrature equalizer coefficients in step 35. 

Once equalizer coefficients are obtained, allocate channel 
response element 535 updates, or down-loads, the coeffi- 
cients to equalizer 570 in step 36. As noted alwve, delay line 
530 must regulate the sample flow such that equalizer 570 
sees Ihe proper data stream. ITk length of this data buffer 
takes into account the lime to process the channel impulse, 
Ihe equalizer coefficients calculation and Ihe delay that is 
needed to implement equalization. It is important that the 
sampling phase relationship is properly maintained through 
55 all the signal processing and delay circuitry. After the delay 
buffer, the equalizer processes two partial data blocks, one 
half data block before and another half after the 100-symbol 
synchronization pattern. This is the so-called mid-amble 
equalization. Note that the equalizer is a band-pass equal- 
izer. The same data stream Ls fed lo the in-phasc portion of 
equalizer 570 as well as the quadrature portion of equalizer 
570. Hie output of the equalizer 570 is re-sampled at the 
symbol rate and provided lo ihe carrier recover)' loop 5K0 
described earlier. T"hc output of the carrier recovery circuitry 
is then sliced to recover transmitted symbols. 

A variation of the method of FIG. 14 for computing 
equalizer coefficients is shown in FIG. 16. The latter is 
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coeffiZ ' W 8CnCra ' C , S ' hC qUad / a ' Urc phaSC C " Ualizcr 5 CU " Cn ' framc - ™ c implementation of Zlr^Zcr 111 
coefficcm ,n frequency domain, from which ihc time «n be done in any number of ways. For example s a inear 

SZ l^Tv ' hC qUadratUre 8CnCratCd by ,n "^ er • °L 3 drCUlar bufrer ' addilions ^7J:ieU„ n " % 
taking IHI m step 34. performed using a pointer and a counter. In storine the 

nrZT?!!*!, 0 ■ ? ' Phase-corrected symbol stream current received symbols it is assumed that buffer-counter 
provided by digital carrier recovery loop 580 is provided to to 71 « Performs the following functions. First buffer-counter 

S^UTT^. e !? me ?' 7 ° 5, which P fovides eocod6d 7,5 hard sliccs ,hc rcccivcd "Vnbol stream. (For sioSty 
signal 351, described earher. Symbol recovery element 705 the sliccr-an clement known in the art-is not shown The 

correlator 710 and buffer-counter 715. number of sliced symbols stored should equal or be grea cr 

h„irJ T remamin 8 M one-dimensional sym- is lha <> 'he predefined size of a data block, i.e 1700 data 

bols of header 206 are used for either interleave synchro- symbols. However, a timing offset can cause either more or 
Ration or symbol clock alignment in receiver 30o" These less, data symboLs to be associated whh bTcu e S£ 
4 onc-d.mcnsional symbols arc selected from the "inter- ^mc. ™is liming offset is due to misalignm" , ?t{ X 
leaver symbol clock) sync symbols" of the signal point Iransmit.er and receiver clocks and to the mufli-Z n asoec s 
cons.cllat.on of FIG. 3. In particular, the 14 symbols arc 20 * 'he communications channel itself P Jlha >P"'» 
used by receiver 300 to indicate the beginning of each 320 With respect to the traasmitlcr and receiver clocks the 
«f 71,15 imcrlcavcr synchronization is above-described estimated channel impulse response 
repeated every 32 frames and comprises two consecutive obtained from channel sounding has the limine phase offset 
7PN sequences as shown in FIG. 4. (I. should be noted that information between the transn^tler and the rcclfveTsymbo 
1ST ^ ,h(i sizu of 'h« """leaver block. :s <='ocks. A frac.ional-spaced equalizer using coeSS 
affects (he ability to recover the signal from obstructed derived from the estimated channel rcspoase can corn^n 
crrain and also ,s a function of the lower limit of vehicle sate for the timing phase shift to a lim fted T x.em She" 
iTi £j ^"^"f.""^ 0Ihc < v a'«es of intcrleaver depth can equalizer may be kept frozen until the next synch oni". on 
be used, depending upon particular system characteristics. comes. If the transmitter and receiver clc<L have a fre 
l or example, if a higher incidence of obstructed terrain is j 0 °."eney difference, a timing phase offset dually Leases 

S; ^r arca> ,hc in,cr,cavcr dcp,h could bc tTwTk' 0 a cer . lain : aluc 1{ok ,l,c 

,k 'u , ,s wel| - knowo 'hal the sensitivity to (his problem deoends 

ch^l , , s y mbols are "<» »«d for interleaver syn- «"> 'he transmitter filter excessive bandwidth ^ example 

chromzatjon a. receiver 300, (hey are used for data symbol « a transmission system uses a zero percent excessive 
ynchromzationin the associated frame. In this instance, the « bandwidth transmitter filter (sinx/x). a timing ph sc 

14 symbols compose one negative 7PN followed by a offset (15 degrees) will introduce an interfering -21 dH 

Kr,"™^ '? ,;,G I ™* ' S nCCdcd 10 a, * n «hc M ™ signal. When this interference added S the 

s.2«„? ' ? , ° CaC ''. fra ' ,,C W " C,,CVCr ,h<rc » a .I 0 ' 80 - " Causcs a 0 3 d,J degradation (o receiver scnsiUv tv 

''o • ,; ° r uxam P'e. if a 2PN was repre- .vmho., ,„ d,„ h,. clt _ \ 

scntcd by the symbols ( 1 A 1 4,0; - 1 .4 14,0), the correspond- V ^ 2 r,w ) """^ " mi "8 <*<"<. 

mg negative 21'N is the symbol sequence (-1414 0- 1414 a< ^hn, n • .u 

0). /net ,.414, 45 where D is ihc maximum allowed receiver symbol chick 

As such, correlator 710 is similar in function to the dnr V^ om 1 ,, ! alof ' h 1 clransmil 'ef and a division by two is due 

abovc-dcscribcd correlator 525. confidence counter 540 a d da/T h.T ^ ^ r'^T' '''° r 3 l ' min * ottKt ° M 1 % ^ a 

decision device 565 except tha, i, has an add," onX fo mi io' ) 1 lo.l a . T S ^"° 1S - ^'f t PPm ( " ar ' S 

mation signal-lhe sync signal, which establishes frame <n " ,0 " ) - A -^ 1 lo,, e as «•« receiver symbol clock is within ±1 20 

synchronization f„r the current rece.ved fr e t a Si, w n o« ch °. '""T" 1 Symb ° 1 ^ " ,C "'""^ »'" aSC 

correlator 710 can be a simpler binary correlato ). Duril 7a' s 2in«n n & ^"'^ ™[ ,h<; dala ''k.ck to cau.se a 

vali.1 frame (as represented by a valid sync signa ) a,r ela 8 Z ?h I* rU ™*™ degradation, 

lor 710 provides in.erleaver synchronizalion S 352 IW w., . Can Cal,SC ddc,C 0r ad<1 of 

.ubscqucn, use by error protection decode S« 55 Sale" ft'^ ""l. Va ". CS CXan "" U ' W " cn lhc 

MO. 1, to de-in.er.eave the symbol blocks upon .letec.ion of utol o^SSh ,hf , "* n8C ' ' hU CqUali/ ' Cf a ' WayS 

.wocoasecu.ive 7HN scquenccsof .he same sign Similarlv ' c " nc w,,h l lc slr ° n f 51 PO*er as .he main signal and 

correla.or 710 provides! da.a symbol .ynchX/S , ^ a „v .TT^ S y mbolsacco 'dingly. 

nal 712 upon de.ce.ion of two consecutive 7PN sequences of in h X T? '?* ^ ^ tha ' if " ,Cre is a ,imc shifl 

opposite sign „r u IW n the detection of (he IZver svn «o exis in^ ° f ' CWCr <iala ** M ma V 

chroniza.ion sequence. The latter condition ensu es symbol IT.f , i, 1 curren ' rccc ' vcd frame. ITiLs symbol time shift 

synchronization even during .ha. frame indie Z . he ^ S , r V T7 ^ lhc ? Uiiim ™<T>™« are changed, 

of a new intcrleaver block. I. should he mScd ffi by u!S 11 Z f™'^'-™" 1 " ™ mea.sures ,l,e nuinlKr of da.a 

•wo 71>N sequences of the same sign for interleaver ™ * a " y ,WO «""«««"ivc double 7FN 
cl r ,iza.ion a nd. W o7..Nof,he„p I U ^ ^ ^ „ 37^2^1^ "fr Sym,,0, ^ nchro "'> J ""n 
and one negative) for symbol synd mniiuiiti. the recJ T , u ^, f?."?" "khhonal *ymhol. the one in 

decoding is designed ,o be pha.se-rota.ion inv r a '.^ ^ «*«*"*•»• 

,u,s ,nan ,llc 1 70 °. 'he middle symbol is repealed. In such 
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a situation an error may occur. While the signal format 
design can take into account this problem, for simplicity of 
implementation this condition can be ignored and, instead, 
the Reed-Solomon decoder (not shown) with error protec- 
tion decoder 315 can be relied on to correct for this problem. 
This causes a minor degradation in overall system perfor- 
mance. It should be noted that since a mid-amble equalizer 
is used, two consecutive data blocks are buffered to perform 
this symbol rc-alignment. 

The foregoing merely illustrates the principles of the 
invention and it will thus be appreciated that those skilled in 
the art will be able to devise numerous alternative arrange- 
ments which, although not explicitly described herein, 
embody the principles of the invention and arc within its 
spirit and scope. 

For example, although the invention is illustrated herein 
as being implemented with discrete functional building 
blocks, e.g., a perceptual audio coder, allocate channel 
response clement, etc., the functions of any one or more of 
those building blocks can be carried out using one or more 
appropriate programmed processors, e.g., a digital sicnal 
processor. * 
What is claimed: 

1. A receiver apparatus comprising: 

a radio-frequency down-converter operative on a received 
radio-frequency signal to provide an intcrmcdiate- 
Irequency signal; and 

an intermediate-frequency down-converter for providing 
a pass-band signal from the intermediate-frequency 
signal such that (he pass-band signal is centered about 
a first frequency selected to match a rotation frequency 
of a rotator within a corresponding transmitter of the 
received radio-frequency signal, the rotator used to 
map a first baseband signal to a second baseband signal 
having more constellation points than the first baseband 
signal. 

2. The apparatus of claim 1 further comprising: 

an equalizer operative on the pass-band signal for pro- 
viding an equalized signal; and 

a carrier recovery circuit responsive to the equalized 
signal to provide compensation only for phase shifts 
due lo effects of a communications channel coupling 
the receiver apparatus to the transmitter. 

3. The apparatus of claim 2 wherein the carrier recovery 
circuit includes a low-order phase lock loop. 

4. ITic apparatus of claim 2 wherein the carrier recovery 
circuit is a digital carrier phase recovery circuit. 

5. The apparatus of claim 4 wherein the equalized signal 
represents a sequence of frames and wherein the digital 
carrier phase recovery circuit is a signal processor lhal 
performs block-based feed-forward phase correclion on a 
portion of each frame of the equalized signal. 

6. The apparatus of claim 5, wherein the signal processor 
determines an average phase difference over x I symbols of 
each frame in the equalized signal l>v comparing a phase of 
each of the x 1 symbols to a reference phase and wherein the 
signal processor uses the average phase difference to correct 
the phase of the immediately following x2 symbols. 

7. The apparatus of claim 6 wherein only those symbols 
comprising a data portion of the frame are used by the signal 
processor. 

8. Hie apparatus of claim 6 wherein x2>xl and x2 is less 
than the total number of symbols comprising a data portion 
of each frame, 

9. Hie apparatus of claim 6 further comprising a rotator 
which is controlled by the digital signal processor to 
counter-rotate the x2 symbols by the determined averaue 
phase difference. 



22 



to 



20 



30 



45 



50 



00 



65 



10. The apparatus of claim 2 wherein the carrier recovery 
circuit further comprises: 

an averaging circuit for operating on the equalized signal, 
which represents data formatted into a sequence of 
frames, each frame having a header portion and a data 
portion comprising a number of symbols, wherein the 
averaging circuit averages a phase difference between 
each of xl symbols and a reference signal to provide an 
average phase difference; and 
a rotator that counter-rotates the immediately following 
x2 symbols by the determined average phase 
difference, where xl<x2. 

11. The apparatus of claim 10 wherein the averaging 
circuit is a signal processor. 

12. The apparatus of claim 10 wherein the xl and x2 
symbols arc taken from the data portion of each frame. 

13. The apparatus of claim 2 wherein the equalizer is a 
non-cross-couplcd equalizer. 

14. A method for receiving a broadcast signal, the method 
comprising the steps of: 

receiving the broadcast signal from a communications 

channel to provide a received broadcast signal; 
down-converting the received broadcast signal to provide 
a pass-band signal such that the pass-band signal is 
centered about a first frequency selected lo match a 
rotation frequency of a corresponding transmitter of the 
broadcast signal, said rotation frequency used in map- 
ping a first baseband signal lo a second baseband signal 
whose constellation contains more points than that of 
the first baseband signal; and 

equalizing the pass-band signal to provide an equalized 
signal. 

15. The method of claim 14 further comprising the step of 
5 tracking phase shifts in the equalized signal with a low-order 

carrier recovery circuit to compensate for effects of the 
communications channel. 

16. The method of claim 15 wherein the tracking step 
includes the steps of: 

1 receiving the equalized signal, which is representative of 
a symbol stream formatted into a sequence of frames, 
each frame comprising a header portion and a data 
portion; and 

performing block-based feed-forward phase correction on 
a portion of each frame. 

17. The method of claim 15, wherein the performing step 
includes the steps of: 

comparing a phase of each one of xl symbols of each 

frame lo a reference phase; 
determining an average phase difference over the com- 
pared xl symbols; and 
counter-rotating the phase of the immediately following 
x2 symbols for each frame by the determined average 
IK. Hie method of claim 17 wherein only those symbols 
comprising (he data portion arc used in the comparing steps 
and the counter-rotating steps. 

19. Hie method of claim 17 wherein x2>xl and x2 is less 
than the total uuml)cr of symbols comprising the data 
portion of each frame. 

20. A transmitter comprising: 

a symbol mapper for generating a first baseband signal 
representative of a stream or symbols, having a symbol 
rate 1/1; 

a rotator operative on the first baseband signal such lhal 
a phase of each symbol is rotated by e^ 1 *"'' to provide 
a second baseband signal whose constellation contains 
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more points than that of the first baseband signal, where 
u) d corresponds to a center frequency of a band-pass 
filter in a corresponding receiver and n is a symbol 
number index; and 
a transmitter for processing the filtered second baseband * 
signal to provide a communications signal for trans- 
mission over a communications channel. 

21. The apparatus of claim 20, wherein the transmitter 
processes the filtered second baseband signal such that the 
frequency spectrum of the filtered second baseband signal is '0 
converted first to an intermediate frequency band and then to 
a radio-frequency band for transmission over the commu- 
nications channel. 

22. The apparatus of claim 21, wherein the transmitter 
further processes the filtered second baseband signal by is 
addition of a pilot signal. 

23. A transmitter comprising: 

a symbol mapper for generating a first baseband signal 
representative of a stream of N-dimcnsional symbols; 

a rotator operative on the first baseband signal such that 
a phase of each N-dimcnsional symbol is rotated by a 
rotation frequency to provide a second baseband signal 
whose constellation contains more signal points than 
that of the first baseband signal; 

a baseband filler for filtering the second baseband signal- " 
and ' 
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a transmits for processing ihe filtered second baseband 
signal to provide a communicalions signal for trans- 
mission over a communicalions channel; m 
wherein Ihe rotation frequency falls within a frequency 
range of a pass-band signal recovered from Ihe com- 
municalioas signal by a receiver. 
24. The apparatus of claim 23, wherein the transmitter 
processes the filtered second baseband signal such that the « 
frequency spectrum of the filtered second baseband signal is 
converted first lo an intermediate frequency baud and then to 
a radio-frequency band for transmission over Ihe commu- 
nicalions channel. 



25. The apparatus of claim 24, wherein the transmitter 
further processes the filtered second baseband signal by 
addition of a pilot signaJ. 

26. The apparatus of claim 23 wherein the filtered second 
baseband signal has a carricrlcss signal formal. 

27. A method for transmitting a communicalions signal 
comprising Ihe steps of: 

symbol mapping a data signal to generate a first baseband 
signal representative of a stream of N-dimensional 
symbols; 

rotating a phase of each N-dimcnsional symbol by a 
rotation frequency to provide a second baseband signal 
such that the constellation of the second baseband 
signal contains more points than that of the first base- 
band signal and such that the rotation frequency falls 
within a frequency range of a pass-band signal recov- 
ered from the communications signal by a receiver; 
baseband filtering the second baseband signal; and 
processing the filtered second baseband signal to provide 
the communicalions signal for transmission over a 
communications channel. 

28. The method of claim 27 wherein the processing step 
further includes the steps of: 

upconverting the filtered second baseband signal to an 

intermediate-frequency signal; and 
upconverling the intermediate-frequency signal to a 
radio-frequency signal, which is the communications 
signal. 

29. The method of claim 2$ wherein the processing step 
further includes the step of adding a pilot signal lo the 
fi tcrcd second baseband signal before upconverling the 
filtered second baseband signal to the intermediate- 
frequency signal. 

30. The method of claim 27 wherein the rotating step 
provides a carricrless signal. 
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